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RADIO TRANSCEIVER INCLUDING NOISE 
SUPPRESSOR 

This is a Continuation of US. application Ser. No. 
08/208,840 ?led Mar. 11, 1994; noW abandoned. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 

The present invention relates to a radio transceiver and, 
more particularly, to a portable telephone of a digital mobile 
communication system. 

2. Description of the Related Art 
A portable telephone!, Which permits communication at 

any time anyWhere, is often used in a place Where the 
ambient noise is great, such as in a car or train or on a 

railWay platform. HoWever, the speech encoding system 
used in digital portable telephones, because it is an encoding 
system optimiZing speech signals, involves the problem that 
ambient noise included in decoded signals at a receiving side 
is different from that in Wired telephone. Accordingly, a 
person using the portable telephone hears poor quality sound 
signals Which are uncomfortable to the listener’s audio 
perceptions. 

SUMMARY OF THE INVENTION 

It is therefore an object of the present invention to provide 
a digital portable telephone capable of reducing the ambient 
noise component of the telephone signal. 

It is another object of the present invention to provide a 
digital portable telephone capable of reducing the listener’s 
aWkWard feeling Which derives from the difference betWeen 
the ambient noise generated by the decoder and that of the 
original sound by making it possible to keep the ambient 
noise level loW. 

According to the present invention, the inventive radio 
transceiver comprises noise suppressing circuitry for adjust 
ing a level of speech signals through a microphone for 
suppressing ambient noise and for supplying noise sup 
pressed signals to an encoder for encoding the noise sup 
pressed signals and providing encoded signals. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The above and other objects, features and advantages of 
this invention Will become more apparent from the folloW 
ing detailed description taken With the accompanying draW 
ings in Which: 

FIG. 1 is a block diagram schematically shoWing a 
conventional digital portable telephone; 

FIG. 2 is a block diagram of a CELP formula using an 
adaptive code book; 

FIG. 3 is a block diagram of a preferred embodiment of 
the digital portable telephone of the present invention; 

FIG. 4 is a block diagram of a preferred embodiment of 
the noise suppressing circuit shoWn in FIG. 3; and 

FIG. 5 is a graph shoWing the input/output ratio of the 
noise suppressing circuit shoWn in FIG. 4. 

In the draWings, the same reference numerals denote the 
same structural elements. 

DESCRIPTION OF THE PREFERRED 
EXBODIMENT 

First, to facilitate an understanding of the present 
invention, a conventional digital portable telephone Will be 
described With reference to FIGS. 1 and 2. 
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2 
In FIG. 1, the digital portable telephone comprises a 

microphone 1, an analog-to-digital (A/D) converter 2, an 
encoder 4, a control circuit 6, a telephone control circuit 5, 
a modulator 7, a poWer ampli?er 8, antennas 9 and 10, a 
receiver 11, a demodulator 12, a decoder 13, a digital-to 
analog converter 14 and a loudspeaker 15. 

Analog speech signals from the microphone 1 are con 
verted to digital signals With the A/D converter 2 and 
encoded to encoded signals With the encoder 4. The control 
circuit 6 miXes the encoded signals and control information 
from the telephone control circuit 5 and outputs the miXed 
signal to the modulator 7. The modulator 7 produces quadra 
ture phase shift keying (QPSK) modulated signals. The 
QPSK modulated signals are ampli?ed With the poWer 
ampli?er 8 and transmitted from the antenna 9 to a base 

station (not shoWn). 
Also, the receiver 11 receives a radio signal from the base 

station through the antenna 10 and outputs received signals. 
The demodulator 12 demodulates received signals. The 
demodulated signals are input to the control circuit 6 Which 
separates the control signal from the encoded signals. The 
encoded signals from the control circuit 6 are input to the 
decoder 13. The decoder 13 decodes the encoded signals 
into speech signals. The speech signals are converted by the 
D/A converter 14 into analog signals and outputted to the 
loudspeaker 15. 

In the above-described digital mobile communication 
system, the Code Excited LPC (CELP) formula is used as 
the full-rate speech encoding in the encoder 4 shoWn in FIG. 
1. The CELP formula is a formula to vector-quantize voice 
source signals obtained by linear prediction and pitch 
prediction, using a code book consisting of a set of Wave 
form patterns as is knoWn in the art. Basic blocks of the 
encoder 4 shoWn in FIG. 1 are illustrated in FIG. 2. The 
encoder consists of an Linear Predictive Coef?cient (LPC) 
analyZer 30, a short-term predictor 31, a long-term predictor 
32, a excitation code book 33, an ampli?er 36, an perceptual 
Weighing ?lter 38, a minimiZation control circuit 39, and a 
subtractor 40. The long-term predictor consists of an adap 
tation code book 34, an ampli?er 35 and an adder 37. The 
short-term predictor 31 consists of an adder and a short-term 
predictive ?lter. 

In such a speci?c encoding system as shoWn in FIG. 2, the 
ambient noise at a transmitting side gives an aWkWard 
feeling to a person listening to the voice communication of 
the receiving side. 

Therefore, the present invention described With reference 
to a preferred embodiment thereof illustrated in FIGS. 3 to 
5, provides a digital portable telephone capable of reducing 
the ambient noise component of the digital telephone signal. 

In FIG. 3, a digital portable telephone according to a 
preferred embodiment of the present invention consists of a 
microphone 1, an analog-to-digital converter 2, a 
noise suppressing circuit 3, an encoder 4, a control circuit 6, 
a telephone control circuit 5, a modulator 7, a poWer 
ampli?er 8, antennas 9 and 10, a receiver 11, a demodulator 
12, a decoder 13, a digital-to-analog (D/A) converter 14 and 
a loudspeaker 15. Analog signals (speech signals) from the 
microphone 1 are converted to digital signals With the A/D 
converter 2. The noise suppressing circuit 3 inputs the digital 
signals and outputs noise suppressed signals to the encoder 
4. The encoder 4 produces encoded signals. The control 
circuit 6 miXes the encoded signals and a control informa 
tion from the telephone control circuit 5 and outputs miXed 
signals to the modulator 7. The modulator 7 produces 
quadrature phase shift keying (QPSK) modulated signals by 
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a 31/4 shift QPSK formula. The QPSK modulated signals are 
ampli?ed With the power ampli?er 8 and transmitted from 
the antenna 9 to a base station (not shoWn). 

Also, the receiver 11 receives a radio signals from the 
base station through the antenna 10 and outputs received 
signals. The demodulator 12 demodulates received QPSK 
signals. The control circuit 6 separates the control informa 
tion from the encoded signals and outputs the control 
information signals to the telephone control circuit 5 and the 
encoded signals to the to decoder 13. The decoder 13 
decodes the encoded signals into speech signals. The speech 
signals are converted by the D/A converter 14 into analog 
signals and outputted to the loudspeaker 15. 

FIG. 4 shoWs a preferred embodiment of the noise sup 
pressing circuit 3 shoWn in FIG. 3. The noise suppressing 
circuit 3 selectively keeps the level of the input signal loW 
by multiplying the input signal by a value in order to 
suppress the noise component When the level of the input 
signal is less than a predetermined threshold. Preferably, the 
predetermined threshold is a value corresponding to that 
Which occurs When a person is not speaking. 

This noise suppressing circuit 3 is basically an amplitude 
modi?er. Preferably modi?cation Will be of a factor of 2. 
The noise suppressing circuit 3 comprises a modi?er 21, a 
sWitching controller 22 and sWitches 48 and 55. The modi 
?er 21 generates a signal Which multiplies the input signal 
by a valuable and the sWitching controller 22 controls the 
sWitch 55 in order to select the input signal or the output of 
the modi?er 21 according to the level of the input signal. The 
modi?er 21 consists of the absolute value circuit 41, sub 
tractor 42, multipliers 50, 53 and 54, adder 51, constant 
generator 56; and delay element 52. The control portion 22 
consists of a subtractor 43, a delay element 44, a multiplier 
45, an adder 46, and a comparator 47. 

First, there Will be described the modi?er 21. The absolute 
value circuit 41 produces the absolute value of an input 
signal from the signal input terminal. The absolute value is 
supplied to the subtractor 42. The subtractor 42 subtracts a 
delayed signal ds of the delay element 52 from the absolute 
value and outputs a subtracted signal. The delayed signal is 
an average amplitude of the input signal and the subtracted 
signal is a difference betWeen the level of the input signal 
and the average amplitude. The subtracted signal is multi 
plied by a constant C1 of the constant generator 56 With the 
multiplier 50. The constant C1 is sWitched according to the 
sign of the subtracted signal. The multiplied signal from the 
multiplier 50 is a repairing value of the average amplitude. 
The adder 51 adds the delayed signal ds and the multiplied 
signal from the multiplier 50 and supplies an added signal to 
the delay element 52. The added signal is a repaired average 
amplitude and is delayed by an equivalent of one sample 
With the delay element 52 and becomes the delayed signal ds 
of the next sample. The multiplier 53 multiplies the delayed 
signal ds by a constant C2 and supplies a multiplied signal 
to the multiplier 54. The constant C2 is a value to perform 
adjustment so that the level at Which the modi?er operation 
changes from on to off is at the same point as the 1:1 
input/output ratio in the case that the expander is not alloWed 
to operate. The multiplier 54 multiplies the input signal by 
the multiplied signal of the multiplier 53 and supplies a 
multiplied signal to the sWitch 55. The signal Whose level 
becomes loW, e.g., the signal Which the noise component 
suppressed, is thus obtained. 
By the Way, a modi?er may be an attentuator. Preferably, 

in this invention, hoWever, the modi?er 21 is used to change 
the value of an attenuation in response to the level of the 
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4 
signal. The modi?er 21 predicts the level of the signal by 
obtaining the average amplitude and controls the value of 
the attenuation in response to the average amplitude. 

Next, there Will be described the sWitching controller 22. 
The sWitching controller 22 predicts the level of the input 
signal and controls the sWitch 55 according to the relation 
betWeen the predicted level of the input signal and the 
threshold level. The subtractor 43 subtracts a delayed signal 
of the delay element 44 from the absolute value of the 
absolute value circuit 41 and outputs a subtracted signal. The 
subtracted signal is multiplied by a constant a With the 
multiplier 45. The adder 46 adds the delayed signal and a 
multiplied signal from the multiplier 45 in order to generate 
a predicting value of the input signal and supplies an added 
signal to the delay element 44 and comparator 47. The delay 
element 44 gives one sample delay to the added signal. The 
comparator 47 compares the added signal With the threshold 
level y, and outputs a high level “H” as a sWitching control 
signal When the added signal, e. g., the predicting value of the 
input signal, is loWer than the threshold level y, or outputs 
a loW level “L” as the sWitching control signal When the 
added signal is equal to or higher than the threshold level y. 
Unstable operation in the neighborhood of the threshold 
level can be eliminated by causing the comparator 47 to have 
a hysteresis upon an increase or decrease in signals. 

The sWitch 55 outputs the multiplied-signal from the 
multiplier 54, When the sWitching control signal from the 
sWitching controller 22 is the high level “H” or outputs the 
input signal from the signal input terminal as it is When the 
sWitching control signal is at the loW level “L” so that the 
input/output ratio be 1:1. Namely, the noise suppressing 
circuit outputs a noise suppressed signal from the Amplitude 
modi?er 21 When the level of the input signal is loWer than 
the threshold level, and outputs the input signal When the 
level of the input signal is equal to or higher than the 
threshold level. 

If the modi?er is on, When the level of the speech signal 
is very loW and under the threshold level, a person at the 
receiving side can not hear the voice because the level of the 
signal is suppressed. Therefore, the noise suppression circuit 
further comprises a sWitch 48 and a external terminal 49. 
The sWitch 48 selects the output signal of the comparator 47 
or a “L” level by a control signal from the external terminal 
49 as a sWitching control signal. Preferably, the control 
signal is supplied from the telephone control circuit 5. 
The transient characteristic of the modi?er 21 is set With 

the constant C1. For instance, by setting the constant C1 at 
0.000824 When the subtracted signal from the subtractor 42 
takes a negative sign or at 0.62653 When it takes a positive 
sign, the attack tine and the recovery time of the modi?er are 
made 5 msec and 200 msec, respectively. 

FIG. 5 shoWs the input/output ratio in the case that the off 
level of the modi?er takes —40 dBm as the threshold level y. 
When the telephone users are not speaking, for instance for 
input signals of —40 Dbm or less, the level of ambient noise, 
Which is encoded as upWard speech signals, can be trans 
mitted loWer by turning the modi?er on. 
Although the embodiment has been described With 

respect to a case in Which the modi?cation Was based on a 

speci?c factor, it goes Without saying that the present 
invention is not restricted to this case. 

As hitherto described, the present invention makes it 
possible to keep loW the level of ambient noise, Which is 
transmitted as upWard speech, and to reduce the aWkWard 
feeling, Which derives from the difference betWeen the 
ambient noise generated by a decoder and that of the original 
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sound, by providing a noise suppressing circuit between an 
A/D converter, Which converts analog signals from a micro 
phone into digital signals, and the encoder. 
What is claimed is: 
1. A radio transceiver comprising: 
noise suppressing means for adjusting a level of an input 

signal through a microphone, for suppressing ambient 
noise and for supplying an ambient noise suppressed 
signal; 

encoding means for encoding one of said input signal and 
said ambient noise suppressed signal, to provide an 
encoded signal; 

sWitching means for sWitching one of said input signal 
and said ambient noise suppressed signal to said encod 
ing means; and 

sWitching control means for controlling said sWitching 
means according to the level of said speech signal; 

Wherein said noise suppressing means comprises: 
absolute value generating means for producing an 

absolute value of said input signal; 
?rst subtracting means for subtracting ?rst delayed 

signals from said absolute value and for outputting 
?rst subtracted signals; 

?rst multiplexing means for multiplexing said ?rst 
subtracted signals by a ?rst predetermined constant 
sWitched by a sign of said ?rst subtracted signals and 
for outputting ?rst multiplied signals; 

adding means for adding said ?rst multiplied signals 
and said ?rst delayed signals and outputting ?rst 
added signals; 

?rst delaying means for delaying said ?rst added sig 
nals by an equivalent of one sample and supplying 
said ?rst delayed signals to said adding means; 

second multiplexing means for multiplexing said ?rst 
delayed signals by a second predetermined constant 
and outputting second multiplied signals; and 

third multiplexing means for multiplexing said speech 
signals by said second multiplied signals and sup 
plying third multiplied signals, to provide said noise 
suppressed signals. 

2. The radio transceiver as claimed in 1, Wherein said 
noise suppressing means further comprises: 

amplitude modifying means for generating said noise 
suppressed signals. 

3. The radio transceiver as claimed in claim 1, said 
sWitching control means further comprising: 

second subtracting means for subtracting second delayed 
signals from said input signal and for outputting second 
subtracted signals; 

fourth multiplexing means for multiplexing said second 
subtracted signals by a third predetermined constant 
and for outputting fourth multiplied; 

second adding means for adding said fourth multiplied 
signals and said second delayed signals and for out 
putting second added signals; 

second delaying means for producing said second delayed 
signals from said second added signals; 

comparing means for comparing said second added sig 
nals With a predetermined threshold and for outputting 
one level signal as a sWitching control signal When said 
second added signals are loWer than said threshold or 
for outputting another level signal as said sWitching 
control signal When said second added signals is equal 
to or higher than said threshold; and 

?rst sWitching means for outputting said input signals 
When said sWitching control signal is the another level 
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6 
signal or outputting said third multiplied signals as said 
noise suppressed signal When said sWitching control 
signal is the one level signal. 

4. The radio transceiver as claimed in claim 3, said noise 
suppressing means further comprising: 

second sWitching means for sWitching said compared 
signals or the another level signals as said sWitching 
control signal in response to an external control signal. 

5. The radio transceiver as claimed in claim 4, Wherein 
said external control signal is supplied from a telephone 
control means. 

6. The radio transceiver as claimed in claim 1, Wherein the 
signal input/output ratio of said noise suppressing means is 
1:1 When an input signal is equal to or greater than a 
predetermined threshold, and 1:N When said input signal is 
loWer than said predetermined threshold. 

7. The radio transceiver as claimed in claim 1, Wherein a 
threshold level Which determines the signal input/output 
ratio of said noise suppressing means has a hysteresis 
characteristic When signals are increased and decreased. 

8. The radio transceiver as claimed in claim 1, further 
comprising analog-to-digital converting means for convert 
ing analog speech signals from a microphone to digital 
speech signals and for supplying said digital speech signals 
to said noise suppressing means. 

9. The radio transceiver as claimed in claim 8, further 
comprising: 

modulating means for modulating said encoded signals 
and for outputting modulated signals; and 

poWer amplifying means for amplifying and transmitting 
said modulated signals. 

10. The radio transceiver as claimed in claim 1, Wherein 
said sWitching control means compares the level of said 
input signal With a predetermined threshold level and con 
trols said sWitching means to select said ambient noise 
suppressed signal to said encoding means When the level of 
said input signal is less than said predetermined threshold 
level. 

11. The radio transceiver as claimed in claim 10, Wherein 
said predetermined threshold level is a value corresponding 
to that Which occurs When a person is not speaking. 

12. The radio transceiver as claimed in claim 10, Wherein 
said sWitching control means controls said sWitching means 
to select said ambient noise suppressed signal When said 
input signal does not include a speech signal from said 
microphone. 

13. A digital portable telephone comprising: 
a transmit side including: 

analog-to-digital converter for converting analog input 
signals from a microphone into digital signals; 

noise suppressing circuit for adjusting the signal poWer 
level of said digital signals, for suppressing ambient 
noise and for outputting ambient noise suppressed 
signals; 
encoder for producing encoded signals from one of said 

digital signals and said ambient noise suppressed 
signals; 

sWitch for sWitching one of said digital signals and said 
noise suppressed signals to said encoder; 

sWitch control for controlling said sWitch according to 
the level of said digital signals; 

modulator means for modulating mixed signals and for 
outputting modulated signals; and 

poWer ampli?es for amplifying and transmitting said 
modulated signals; 

a receive side including: 
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receiver for detecting signals from an antenna; 
demodulator for demodulating said signals from said 

receiver and for outputting demodulated mixed 
signals; 

decoding means for producing decoded signals from 
encoded signals; and 

digital-to-analog converting means for converting 
said decoded signals to analog signals; 

common to said transmit and receive sides; 
telephone controller for producing control informa 

tion and control signals; and 
control circuit for mixing said encoded signals from 

said transmit side and a control information, for 
outputting mixed signals, and for separating said 
mixed signals from said demodulated signals 
according to control signals on said receive side, 
said noise suppressing circuit comprising: 
an absolute value generator for producing an 

absolute value of said speech signals; 
?rst subtractor for subtracting ?rst delayed sig 

nals from said absolute value and for output 
ting ?rst subtracted signals; 

?rst multiplier for multiplexing said ?rst sub 
tracted signals by a ?rst predetermined con 
stant sWitched by a sign of said ?rst subtracted 
signals and for outputting ?rst multiplied sig 
nals; 

an adder for adding said ?rst multiplied signals 
and said ?rst delayed signals and outputting 
?rst added signals; 

a ?rst delaying element for delaying said ?rst 
added signals by an equivalent of one sample 
and supplying said ?rst delayed signals; 

a second multiplier for multiplexing said ?rst 
delayed signals by a second predetermined 
constant and outputting second multiplied sig 
nals; 

a third multiplier for multiplexing said speech 
signals by said second multiplied signals and 
supplying third multiplied signals, to provide 
said noise suppressed signals; 

a second subtractor for subtracting second 
delayed signals from said speech signals and 
for outputting second subtracted signals; 
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a fourth multiplier for multiplexing said second 

subtracted signals by a third predetermined 
constant and for outputting fourth multiplied 
signals; 

a second adder for adding said fourth multiplied 
signals and said second delayed signals and for 
outputting second added signals; 

a second delaying element for producing said 
second delayed signals from said second added 
signals; 

a comparator for comparing said second added 
signals With a predetermined threshold and for 
outputting a high level signal as a sWitching 
control signal When said second added signals 
are loWer than said threshold and for outputting 
a loW level signal as said sWitching control 
signal When said second added signals is equal 
to or higher than said threshold; 

a ?rst sWitch for outputting said speech signals 
When said sWitching control signal is loW or 
outputting said third multiplied signals as said 
noise suppressed signals When said sWitching 
control signal is high; and 

a second sWitch for sWitching said compared 
signals or loW signals as said sWitching control 
signal by an external control signal. 

14. The digital portable telephone as claimed in claim 13, 
Wherein the input/output ratio of said noise suppressing 
circuit can be regulated at 1:1 by said control information or 
signals. 

15. The digital portable telephone as claimed in claim 13, 
Wherein the signal input/output ratio of said noise suppress 
ing circuit is 1:1 When an input signal is equal to or greater 
than a predetermined threshold, and 1:N When said input 
signal is loWer than said predetermined threshold. 

16. The digital portable telephone as claimed in claim 15, 
Wherein said predetermined threshold is controlled by said 
control information or signals. 

17. The digital portable telephone as claimed in claim 13, 
Wherein said second sWitch is controlled by said telephone 
controller. 
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